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[57] ABSTRACT 

A method of filtering digital signals having a high dynamic 
range includes splitting &xt san^led iiqiut signal into at least 
two portions addressing each of the poitions to a respeoive 
{H'ogram filter, and perfonning each filtering operation in 
parallel and independently, and reconstituting an output 
signal by summing together the digital outputs from each 
filter. 

9 Claims, 2 Drawing Sheets 
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METHOD AND AFPARATUS FOR improved filter accuracy or icsolution is soughU The tcch- 

FILTERING DIGITAL SIGNALS ^cal iHoblcni underlying this invention is to provide a 

filtering mettiod and a digital filter for use tfierewiA. having 

BACKGROUND OF THE INVENTION such ftmctional and structural features as to enable high- 

1 Held of the Invention 5 resolution processing of digital sampled signals encoded 

Tliis Invention relates to a method of filtering digital with a large number of bUs. thereby overcoming the limi- 

signalshavingahi^dynamicrangc;thatis.signalsencodcd ^^^^ of the prior art q?proaches. 

widi a large number of bits. The invention also concerns a cttx^m apy hp thp nsAmKmnKT 

digital filter ardiUecdire obtained according to that metfiod SUMMARY OF THE INVENnON 

The field of qjplication of the invention is paiticularly. The prosent invention provides for splitting the coding of 

though not exclusively, related to digital filters of the non- the sanq>led signal into porticms of at least eight bits each, 

recursive linear phase type, also known as FIR (Finite filtering each portion, one independently of the odier. by 

In^xilse Response) filters, and the description hereinbelow means of respective digital filters, and then reconstituting 

will make reference to that field of application merely for tf^^ output sanded signal, ^th the present invention, die 

convenience of illustration. technical problem is solved by a filtering method including 

2. Discussion of the Related Art splitting an ii^t san^led sl^ial into at least two portions. 

As is well known, digital filters arc devices operative to addressing each of die potions to a respective program filter, 

convert an input saiiq)lcd signal into another sampled, performing the filtering operations on the portions in parallel 

output signal having predeteimincd frequency response ^ and independently, and reconstituting an ou^ut signal by 

characteristics. A sanq>led signal is understood to mean a summing together digital ou^uts from each filter. 

disital coding including a predetermined number N of bits 

wWdi determines the accuracy or resolution of the filler. BRIEF DESCRIPnON OF THE DRAWINGS 

Digital filtefs are used prin»aiily io digital oscilloscopes. ^ ^ advantages of the inventive method will 

^>ectiuni analyzers, and audio and video signal jffocessors. jj apparent from the foUowing detailed 

The use of such filters is an ev» expanding one. on account description of an exemplary, non-limitative embodiment 

of the many advantages that they afford oyer cooesponding ^^^^ reference to a digital Ota architecture 

analog filters. For the same function, u fact, digital filters iuujirated by the accompanying drawings, 

provide f«JK*feving veiy narrow transmissioa bands and sctematically a digital fllta architecture 

are also stabler, both over time and with respect to variations * '""r . "^"""""J' " 

in powff supply and operating tempentfurc. * emb«fying this mvcndon. 

In current practice, digital filters are implemented in the nG.2is a sctematic view of a second embodiment of the 

form of integrated circuits using digital multipliers and ^ "* "O- 

adders. Digital multipliers mi^ be arranged to include a FIG. 3 Is a sdiematic view of an alternative embodiment 

non-volatile memory structure of the so-called look-up 35 <rf a filter aoconling to the invention. 

taUe" type, wherein the multiplication results of the iiq>ut FIG. 4 is a schematic view tS a second embodiment of the 

sample signals by the filter transfa function coefficients are filter shown in FIG. 3. 

stored. Such a structure is described, for exan^le. in an 

artide '^O-MSan^les/s Programmable FOter Processor", DETAILED DESCRIPTION 

IEEE Journal of Solid-State Circuits. VoL2S. No. 6. Decern- m> . a^^^„ 

ber 1990. and in Italian Patent Application No. 22954-A«8 reference to the drawing figures. generaUy and 

OCT iwu. ana w luuiau ramun^utiauvu i^u. ^«7^n/oo diagtammatically shown at 1 is a digital filter architecture 

by the same Applicant embodies this Invention and is effective to filter 

While being in many ways advantageous ^ pn« jj^^ ^i^ls having high dynamic ranges. Basically, ttie 

approach stffl indudes the drawback discussed herdnbclow. g^^sacmTl canlperate with digital signals S encoded 

Ef "n- is the number of Wte used to samptette ijfrt "8^0, « y^^^ ^^^te k may be any number between 

"N- IS the overall number of the filta codficiems. and y ^j. ^ ^ architecmre 1 has a p^deteimined 

is the numbex of bits required f or stormg the nmltiphcation ^^^^^ programmable digital filters 2 denoted by ttie 

rcsutt of the samples by the coefficients, then ttie monory ^ ppp j ^^^^ , 

size is found to be 2nNp. It is dear from Uie above that to Iscxibcd, for example, in Italian Patent AppUcaUon 

maease. even by a smgle bit the sampled description of ttie 30 22954-A/88 by ttiis Applicant 

input signal in order to increase die filter resolution, one _ . ' '^n^ 

nmt d^blc ttie size of ttie mem«y. Eadi filter 2 recaves a given eight-hit sampled signal 

Consider, for example, a hypottietical transition from an ^JS'^^^^.^^Sl.'^^'i^^ ? 

8-bit sampling, typical in current practice, to a n=12 Wts P«d«eimuied fire<juenqfre^se^ 

«ruii MHii'iiiiB. xjyi^ ui vuiicu. ^o^v^-* is a so-called linear phase FIR (Finite Impulse Response) 

samphng-such aswould be bghly dtsirable m crda to 55 type^ which means Sat, at eadi disartetime, the mpm 

improvethefiltapoformance withaudioandvi^ signals. g^™^; y^^j wiU be tied by ttie 

A hypotheUcal memory structure suitable for that purpose . infinn. ^ ^ 

would have to be sixteen times as large as that required by fouowing reianon. 
the first-mentioned 8-bit coding. Such a memory would. 

therefore, take up an extracsdinarily high amount of space 60 ^0 ^^(n-O 
on an integrated circuit In addition, it would have an 

insufficient data accessing speed because of access time from whi<A it may be deduced that the ouQ>ut sample y(n) 

being heavily dependent on both the increased coding com- is only dq>endent on the present and past input samples. The 

plexity and Ifaememoiy size, specifically the number of hits coefficients a(i) are a finite number N and are obtainable 

per row. 6S from ttie response to the filter pulse. Furthermore, ttie filter 

The prior ait has failed to provide any useful solution to 2 may be identified by a so-called transfer function H(z). 

overcome the need for so great a memciy expansion, when exfressed versus a complex variable z and defined as ttie 
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ratio H(z) of the-transfonn Z of a sequence of oul|>ut 
sampled signals y(nT) to the transform Z of a sequence of 
Input sampled signals x(nT). The circuit-wise synthesis of 
that transfer function practically enables implementation of 
the filter 2 as a single PFP integrated circuit, whereby for 5 
each digital input x(n), an output y(n) given by equation (1) 
would be produced. 

The signal ii^ts to the filter 2 aie denoted by AO 

A7, whilst the digital ou^s are denoted by OO 015, 

Advantageously, the architecture 1 includes a number m^ lo 
of filters 2. where n=(k-S), in parallel with one another. Each 
filter 2 has the same transfer function. 

The architecture of this invention exploits the ability of 
each filter 2 to handle a digital signal quantized to eight bits. 
To this puipose. the input signal S is split into m portions. 15 
each represented by an eight-bit coding. 

As shown in FIG. 1, the signal S is filled to a decoder 
D which selects ttic eight most significant bits and ou^uts a 
signal SI. This signal SI is a first component of the original 

signal S, and is ^>plied directly to the inputs AO A7 of 20 

a first filter 2. The signal SI is also applied to a adder block 
4 which receives on another input the bit having the greatest 
weight of the least significant portion of the signal S 
resulting from the selection performed in block D. 

As the embodiment shown in FIG. 1 represents an 25 
instance where the signal S has a nine-bit coding, a single bit 
aO, the very least significant bit in the S coding, will be 
transferred from the decoder D to the adder 4. Thus, at the 
output of the adder 4. a second, eight-bit signal S2 is 
produced which will be addressed to the input side of a 30 
corresponding second PFP filter. The outputs firom the first 
and second filters are summed together in a block 5 to 
reconstitute the output signal coirecdy. 

For the purpose of showing a more general aspect of the 
inventive concept it is noted that when a higher dynamic 35 
range is provided for the iiq>ut signal S, Le. die signal is 
encoded with a larger number of bits, it will be sufficient to 
merely increase the numbers of the filters 2 and the adders 
4 arranged in parallel. 

The filtering method of this invention provides for the 40 
output sample signal to be found by the following compu- 
tatioo: 

N-l rm-l 1 (2) 

where, N is the filter size, k is the dynamic range ci the input 
signal, and m is equal to 2^*"®\ 

To further describe how the inventive method can be 
carried out. the instance will now be discussed of an input ^ 
signal S being encoded with ten bits. As a consequence. S is 
a digital signal having a value of from 0 and 1020 and which 
should be split, in accordance with the inventive method, 
into m=2^*'^M signal components, each widi an eight-bit 
coding. If S is expressed as a sequence of bits aj, each with 
an indication of its respective weight, it is found that: 

&=89 aS a7 8« a5 a4 &3 a2 al aO 

Hence, the four components into which that signal can be ^ 
split arc: 

Sl=INT(Sy4| 
S2=INr lS/4}«2 

65 

S3=INT |S/4]4«l 
S4=4m* [S/41+aO 



4 

where. INT is a symbol rq)a:esenting the integer value of the 
ratio in brackets. 

Each component is encoded with eigiht bits, and is 
addressed to the input side of a conesponding filter 2 to be 
filtered in .accordance with the specifications of a predeter- 
mined transfer function. The ou^uts of the various parallel- 
connected filters 2 are summed together to reccmstitute the 
proper coding sequence for the output signal 

In an alternative embodiment shown in FIG. 2. the 
possibility of performing the final sum through tiie same 
integrated circuits which make up the filters 2. is exploited. 
The filters 2 have, in fact a second set of inputs, denoted by 

BO B15, which usually receive a carry digital signal in 

those applications where the filters 2 are connected in series 
to one another. In &e present embodiment the outputs of the 
second filter, that is the one operative to filter the least 
significant component of the signal S, are connected directly 
to the carry inputs BO, .... B15 of the preceding filter. 

Likewise, the ou^uts of a filter occupying the m-th 
position may be connected to such second inputs of the filter 
in the m-1 position. In this way. the final summing operation 
of the codings being output from the various filters can be 
performed internally each circuit 2. 

This alternative embodiment of the invention is made 
possible by the provision of a ^lay block T between the 
ou^ut of the decoder D and the first eight inputs of the first 
filter. The delay introduced by the block T is equivalent to 
the time period required by the filter 2 to process the signal 

The architecture and method described in the foregoing 
description are most advantageous where the input signal S 
is encoded with nine bits. In this case, in fact no more than 
two FFP filters in parallel are needed to achieve highly 
accurate filtering v^tfain a very short time. 

Obviously, any increase in the dynamic range of the input 
signal enhances the circuit complexity. On the other hand, it 
should not be overiooked that the integrated circuits making 
up the filters 2 are available at a fairly low price. 
Accordingly, the method of this invention has a major 
advantage in that it enables plural FFP filters, oi well-proven 
reliability, to be used in lieu of alternative approaches which 
are much more costiy either at design or at production level 

A second embodiment of the ardiitecture and associated 
filtering method according to the invention, will now be 
described with specific reference to the examples shown in 
FIGS. 3 and 4. Ja this embodiment co<^>erating parts and 
details vAOsAi have the same construction and operate in the 
same manner as in the first embodiment are denoted by the 
same reference numerals. 

Wifii reference to FIG. 3, it can be seen that the input 
signal X(n). sampled at k bits—with k being anything 
between eight and sixteen bits — ^is split into two portions 
XM(n) and XL(n) of eight bits each. Ihese signal portions 
respectively rqxresent the most significant and least signifi- 
cant parts of the digital coding that constitutes the input 
signal. Each portion. XM(n) and XL(n) of the input signal is 

applied directiy to tiic ii^wts AO A7 of corresponding 

PFP filters. The ou^s of such filters are summed together 
at block S to reconstitute the ou^ut signal Y(n). 

Shown in FIG. 4 is another alternative embodiment 

wherein the ou^uts 08. 015 of die second filter are 

connected to the carry inputs BO B7 of the first filter. 

In addition, a delay block T is placed ahead of the inputs AO. 
.... A7 to compensate for the delay in presenting the output 
signal by the second filter. 

Note that the signal X(n) splitting criteria lead to die 
selection of tiie following digital sequences: 

XUo>=X(a)MOD2(k-8> 
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and 

X2(n)=X(n)-Xlin) 

where. MOD is the module opcratton. j 

By transposiog the above two poitions into an eight-bit 
coding* the following is obtained; 

Xn(n>=Xl(n) 2(l6-k) 

XM(n>JC2(n) 2(8-k) 10 

As in the previous exaii^)le, this second way of in^cment- 
ing the method of this inveotiOD is also based on the 
assumption that the digital signal is resolved Into at least two 
eigjit-bit portions, complementary <rf one another, each 13 
portion being filtered ind^ndentiy of the other. The output 
signal may be then reconstituted using eifter external adden 
or the intrinsic c^ability of the integrated filters 2 to 
perfomi sums between digital codings, one of which codings 
would be received at the cany inputs. Conq)ared to the 20 
previous enobodiment. this variation of the inventive method 
affords considerable savings in hardware. In fact, a sixteen- 
bit signal can now be processed using two processors only, 
instead of 2®. 

Having thus described one particular embodiment of the 25 
invention, various alterations, modifications, and improve- 
ments will readily occur to those skilled in die art Such 
alterations, modifications, and improvements arc intended to 
be part of this disclosure, and are Intended to be within the 
^irit and scope of the invention. Accordingly, the foregoing 30 
descr^on is by way of example only and is not intended as 
limiting. The invention is limited only as defined in the 
following claims and the equivalents thereto. 

What is claimed is: 

1. A method of filtering digital signals having a high 35 
dynamic range comprising the steps of: 

splitting an input sampled signal into at least two portions; 
addressing cadb of the at least two poitions to a coire- 

sponding respective program filter, 
performing filtering operations on the portions in parallel 

and independently in the program filters; 
producing an output signal by summing together digital 

ou^Hits from each program filter; 
wherein tiie step of producing the output signal includes 45 

a step of connecting digital outputs of one filter to carry 

inputs of a preceding filter to sum die digital outputs; 

and 

wherein the step of splitting the input sanq>led signal 
includes steps of selecting, as a first portion, eight most 50 
significant bits of the ii^>ut signal and obtaining other 
portions from a parallel sum of the first portion and 
each remaining bit of the input sampled signal. 

2. A method as claimed in claim 1, wherein the step of 
splitting the input sampled signal includes a step of splitting ss 
the input san^led signal into at least two poitions of eight 
bits each. 

3. A me^od as claimed in claim 2, wherein the step of 
petforming filtering operations includes a step of pof cnning 
the filtering operations with 2" program filters, where n Is a 60 
difference l>etween a number of bits in the input signal and 
a number of bits of the program filter. 

4. A method as claimed in claim 1. wherein the step of 
performing filtering operations includes a step of pexf orming 
the filtering operations with 2" program filters, where n is a 6S 
difference between a number of bits in the input signal and 
a number of biu of the program filter. 
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5. A high resolution digital filter comprising: 
an input terminal receiving an input digital signal; 
means, coupled to the input terminal, for splitting the 

lapat digital signal into scpziatc portions; 
a plurality of proces$<^ arranged in parallel, coupled to 
the means for splitting, each processor receiving a 
single portion of the ii^t digital signal and oonveiting 
that portion into a processor output signal having 
predetermined frequency response characteristics, a 
last one of the plurality of processors providing an 
ou^ut of the digital filter; 
a plurality of summing blocks arranged in parallel, 
coiipled between the means for splitting and a req>ec- 
tive processor, each sunmiing block receiving a first 
portion of the input digital signal and a single bit of a 
remaining portion of the itqxjt digital signal and pro- 
viding portions of the ii^ut digital signal to respective 
processors; 

wherein the means for splitting includes a decoder; and 
wherein the ou^uts of one processor are coupled to carry 
inputs of a preceding process<Hr. 

6. A high resolution digital filter ccxnprising: 
an input terminal receiving an input digital signal; 
means. coiq)led to the input terminal, for flitting the 

ii^Hit digital signal into sq>arate portions; 
a pltirality of processors arranged in parallel, coupled to 
the means for splitting, each processor receiving a 
single portion of the iiqiut digital signal and conveiting 
that pcHtion into a processor output signal having 
pred^ermined frequency response characteristics, a 
last one of the pluraUty of laxxressors providing an 
ou^ut of the digital filter; 
a plurality of summing blocks arranged in parallel, 
coupled between die means for sf^tting and a reac- 
tive processor, each summing block receiving a first 
portion of the input digital signal and a single l>it of a 
remaining pottion of the ii^ut digital signal and pro- 
viding portions of the ii^ut digital signal to respective 
processors; 

wherein die means for splitting includes a decoder that 
sq}arates coding of eight most significant bits of the 
input digital signal from remaining bits of the input 
digital signal; and 
wherein the outputs of one processor are coupled to carry 
ii^uts of a preceding processor. 

7. A high resolution digital filter, comprising; 
an input terminal receiving an input digital signal; 
means, coupled to die Inpat terminal, for splitting the 

ii^ut digital signal into sq^arate poitions; 
a plurality of processors arranged in parallel, coupled to 
the means for flitting, each processor receiving a 
single portion of the input digital signal and converting 
that portion into a processor output signal having 
predetermined frequency response characteristics, a 
last one of the plurality of processors providing an 
output of the digital filter, 
a plurality of sununlng blocks arranged in parallel, 
coupled between the means for splitting and a respec- 
tive processor, each sununing blodc receiving a first 
portion of the input digital signal and a single bit of a 
remaining portion of die ii^wt digital signal and pro- 
viding portions of the iiqMit digital signal to respective 
processors; and 
wherein die outputs of one processor are coupled to carry 
inputs of a preceding processor. 
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8. A his^ resolution digital filter com^nsing: 

an input tenxmial receiving an input digital signal; 

means, coupled to tbc input tenninal, for splitting the 
input digital signal into separate portions; ^ 

a plurality of processors ananged in parallel, coupled to 
the means for splitting, eadi processor receiving a 
single portion of the iupui digital signal and converting 
that portion into a processor output signal having 
predetennined frequency response cbaracteiistics. a 
last one of the plurality of processors providing an 
output of the digital filter; 

a plurality of summing blocks arranged in parallel 
coupled between the means for splitting and a respec- 
tive processor, each summing block receiving a first 15 
portion of the input digital signal and a single bit of a 
remaining portion of the input digital signal and pro- 
viding poitions of the inpMt digital signal to respective 
processors; 

wherein the means for splitting includes a decoder; 20 
wherein die ouQ>uts of one (socessor are coupled to carry 

inputs of a preceding processor and 
wherein the plurality of process<s^ include T processors 

where n is a number of biU in the input digital signal 

in excess of 8. 

9. A high resolution digital filter comprising: 
an input terminal receiving an input digital signal; 



25 



means, coupled to the input terminal, for splitting the 
ivpul digital signal into separate portions; 

a plurality of processors arranged in parallel, coupled to 
the means for splitting, each processor receiving a 
single portion of the in^ut digital signal and converting 
that portion into a processor output signal having 
predetermined frequency response characteristics, a 
last one of the plurality of fvocessors providing an 
ou^ut of the digital filter; 

a plurality of summing blocks arranged in parallel, 
coupled between the means for splitting and a respec- 
tive (socessor, each summing block receiving a first 
portion of tiie input digital signal and a single bit of a 
remaining portion of the iqHit digital signal and pro- 
viding portions of the inpvX digital signal to respective 
processors; 

wherein the means for splitting includes a decoder diat 
separates coding of eight most significant bits of the 
input digital signal firom remaining bits of the input 
digital signal; 

wherein the ou^uts of one processor are coupled to carry 

inputs of a preceding processor, and 
wherein the plurality of processors include 2" prooessm 

where n is a number of bits in the input digital signal 

in excess of & 
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